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[45] 

rials in digital form employs conversion to the fre 
quency domain. Discrete Fourier transform coefficients 
are calculated from time domain digital data at selected 
frequencies which are organized in sets of octavely 
related frequencies. Selecting frequencies in this manner 
greatly reduces the data rate by eliminating coefficients 

' for many higher frequencies without a great loss of 
fidelity because the provision of a predetermined num 
bier of frequencies in each octave approximates the tonal 
response of the human ear. A further refinement is se 

‘ lection of frequencies to correspond to the frequencies 
of musical notes where the greatest energy can be ex 
ppcted. The complex number discrete Fourier trans 
form coefficients can be converted to polar form with 
logarithmic magnitude values resulting in a further data 

‘ rate reduction because the human ear is responsive only 
to logarithmic amplitude and because the human ear is 
relatively insensitive to phase angle enabling fewer bits 
to be used to represent the angular part without loss of 
fidelity. A digital ?lter can be easily implemented by 
manipulation of the magnitude part of the discrete Fou 
rier transform coefficients. 

40 Claims, 13 Drawing Figures 

| 
I IAMPLI uncut-r: I 
I - "", DIGITIZIR I r Fol-Ill‘. v ‘ - "ll-TIPLIII ADDER ADDRESSER I 

a or 1, I l/zl -—-—T //4 T “(127” ll.v '34 | 

I _ CLOCK assent-r15" [35 L321’: I 
[0/] Fouluzn _ I 

l Low TRANSFORM - M I 

l FIT‘:- l” (//3 (‘/22 ‘L I I 
so . 

I-------J: 1...": n . I50 Tamar-0M4 l 
luzmonvl“ [52L _: 

I - 7,; --"-n ----- - '- * 

g I /5/ m; ———— - - 

5: I mm "3221" ~— *3‘? Loon-up MI 2 . 

g 5 i I LN TAU-E ADDRESSER I 

go I e ' I : /42—’ MP TI 
3 L. ________ _. __ .J v |_ _______ _ _‘ _| 



US. Patent Feb. 28, 1984 Sheet 1 of7 4,433,604 



"U.S. Patent Feb. 28, 1984 

SAMPLE 
AND HOLD <02 /06 "_+ 

Sheet 2 of 7 4,433,604 

OSCILLATOR 

W m 

' RAMP R j‘ COUNTER -> 
GENERATOR Q *0 R5 

R5 #704 ‘ FLIP 
FLOP 

s 

CLOCK l 

//.5' /06 

oscILLA'roR 

SAMPLE /0 LL5 
AND HOLD ‘JP/DOWN 

//Z U/DCOUNTER 
RS 

CLOCK___| 
//3 

//6'"- DIGITAL TO 
ANALOG 

' CONVERTER 

H93 
//7 

SAMPLE / 
AND HOLD SEQUENCER _ 

//2 Rs ‘j/L3°°K 

LSB 

I03 

0/ D 

MSB . . . . 

//5,\, PRESETABLE 
' COUNTER ‘ 

//6 
\ DIGITAL 

TO ANALOG 

CONVERTER 

Fig.4 



US. Patent Feb. 28, 1984 Sheet3 0197 4,433,604 “ 



US. Patent Feb. 28, 1984 Sheet4 0f7 4,433,604 

. IQQN 







Fig /3 

U.S. Patent Feb. 28, 1984 Sheet 7 of7 4,433,604 

800 

695 200 
TEST r- _" _ ‘f "" _ _ _ _ _ _ _ _ _l 

SOURCE | DECODING APPARATUS | 

l 
M80 i 210 220 230 240 250 : 

I I 
MEMORY L_______ _ _ _ _ _ __ _J 

r804 ‘ 
6’02 

PROCESSOR /00 I_ l _ _. __ _1 

]_ ——#§ F1 | F _ 15330;; :FTPAR—ATUS _ __ _| : 803 I 
r 

: 14o ; 130 120 110 :l 80/ : 
L__ ____ __ _______| |___________J 

l/O/ Hg‘ /2 
ANALOG TO J0 
DIGITAL 

CONVERTER 

250 
204%, 9(0/ 902) (905 2 202 

INPUT OUTPUT DIGITAL g 
CONTROLLER ALU CONTROLLER To ANALOG 

CONVERTER 

‘—-> 

/02 
; .904 .903 

\ 
RAM ROM 



4,433,604 
1 

FREQUENCY DOMAIN DIGITAL ENCODING 
TECHNIQUE FOR MUSICAL SIGNALS 

BACKGROUND OF THE INVENTION 

The present invention relates to digital encoding of 
musical signals for transmission and storage. Employing 
a digital transmission or storage medium for musical 
signals is advantageous over the older known analog 
transmission and storage techniques due to increased 
noise immunity. That is, when digital transmission and 
storage techniques are employed the inherent noisein 
the transmission medium or in the memory medium 
causes a much smaller adverse effect on the ultimate 
reproduced musical signal than inthe case of analog 
systems. _ I 

A typical proposed digital musical encoding system 
known in the prior art employs an analog-to-digital 
converter to convert an analog input signal correspond 
ing to musical signals into a series of digital words. Each 
digital word typically includes 14 to l6bits which rep 
resent the amplitude of the analog signal at a particular 
point in time. According to the well known Nyquist 
sampling theorem, the rate at which the analog signal is 
sampled for generation of the digital .data words must be 
at least twice the highest frequency to be handled by the 
system. Thus in a typical musical system in which the 
highest desired frequency to be reproduced is in the 
range of 15 KHz to 20 KHz, the sampling rate must be 
at least 30 KHz to 40 KHz. , 

This known prior system has a marked disadvantage 
in that the data rates required for the communication of 
the musical signals and the data storage capacity neces 
sary for storing these musical signals in digital form is 
much greater than the similar data communications rate 
and storage requirements in analog form. For example, 
selecting a sampling rate of 44 KHz and a 14 bit sample 
size, a stereo system employing two channels would 
require 1.23 million bits per second. Under similar con 
ditions employing a 16 bit sample would require 1.4 
million bits per second. This data rate requirement, and 
the corresponding storage requirements, far exceed the 
current capacity of analog musical systems. As a conse 
quence, digital musical transmission and storage sys 

_ terns of this type have typically speci?ed use of video 
storage techniques such as video disks or video cassette 
recorders in order to obtain the required data rate and 
storage capacity. As a consequence the cost and com 
plexity of such systems greatly exceeds that of the ana 
log systems to be replaced. 

SUMMARY‘ OF THE INVENTION 
It is an object of the present invention to provide a 

method for communicating and storing digital represen 
tations of musical signals in a manner which greatly 
reduces the data rate and storage requirements. This 
technique is described in conjunction with a system 
which receives an analog musical signal, converts it into 
digital data in accordance with the principles of the 
invention, communicates this digital data to a unit 
which reconverts this digital data into analog form. In 
accordance with another described aspect of this inven 
tion, an analog musical signal is received and converted 
into digital data in accordance with the principles of the 
present invention and stored in a digital data memory. 
This digital data memory may then be connected to a 
companion unit which reads out the digital data stored 
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'2 
therein, converts it back into its analog form and then 
outputs the analog musical signal. 

It is another object of the present invention to pro 
vide a simpli?ed means for frequency ?ltering of the 
musical signal by taking advantage of the form of the 
digital representation of the musical signal. 

In accordance with one embodiment of the present 
invention, the analog musical signal is converted into a 
series of digital data words representative of the ampli 
tude of the analog musical signal at a plurality of repeti 
tive sampling intervals. This set of data words, orga 
nized in a manner referred to as the time domain, is 
converted into the frequency domain in accordance 
with the well known Fourier transformation. In accor 
dance with the principles of the present invention, dis 
crete Fourier transform coef?cients are calculated from 
the time domain digital data words for at least one set of 
frequencies. Each of these set of frequencies includes a 
primary frequency and at least one frequency octavely 
related to'the primary frequency. 

In accordance with a further aspect of the present 
invention, the sets of frequencies are selected so that the 
primary frequency of each set is spaced at equal per 
centage frequency intervals throughout a primary oc 
tave. In a further aspect of the present invention, these 
primary frequencies each correspond to a different se 
lected musical note. In accordance with another aspect 
of the present invention a plurality of primary frequen 
cies is disposed within a predetermined frequency range 
of each musical note of the primary octave. 

In a further embodiment of the present invention, the 
discrete Fourier transform coef?cients at the selected 
frequencies, which are complex numbers, are converted 
from rectangular form having a real part and a imagi 
nary part into polar form having a magntiude part and 
an angle part. Because it has been found that the human 
ear is less sensitive to the angle part of the information 
that to the magnitude part, the angle part may be repre 
sented by fewer bits than the magnitude part. In a fur 
ther aspect of this invention, in order to further reduce 
the data rate without signi?cant loss of information, the 
magnitude part of the complex number discrete Fourier 
transform coef?cient is converted into logarithmic 
form. 

In a further embodiment of the present invention, a 
frequency filter is achieved by modifying the magnitude 
part of the complex number discrete Fourier transform 
coef?cients by an amount associated with the corre 
sponding frequency. In the case of linear magnitude 
parts, this modi?cation can be achieved by multiplica 
tion of each magnitude part of a coef?cient correspond 
ing to the ?lter value for the associated frequency. In 
the case of logarithmic magnitude parts, this may be 
achieved by addition of a predetermined number se 
lected according to the corresponding frequency to 
each magnitude part. ' 

BRIEF DESCRIPTION OF THE DRAWINGS 

The above and other objects and aspects of the pres 
ent invention will become clear from the detailed expla 
nation below taken in conjunction with the drawings in 
which: . 

FIG. 1 is a. block diagram illustrating an encoding 
apparatus in accordance with .the teachings of the pres 
ent invention; 
FIGS. 2, 3 and 4 are block diagrams illustrating alter 

native embodiments of the digitizer 114 illustrated in 
FIG. 1; 
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FIG. 5 is a block ‘diagram illustrating a decoding 
apparatus in accordance with the teachings of the pres 
ent invention; ' I _ , 

FIG. 6 is a block diagram illustrating a combined 
polar to rectangular/antilogarithmic conversion means - 
which may be substituted for antilogarithmic conver 
sion means 220 and polar to rectangular conversion 
means 230 illustrated in FIG. 5; . . 

FIG. 7 illustrates signal diagrams of the same signal in 
both the time domain and the frequency domain; 
FIG. 8 illustrates a frequency spectrum including one I 

embodiment of the selected frequencies from the- Fou 
rier transform means; , _ ‘ 

FIG. 9 illustrates a frequency spectrum in accordance 
with another embodiment of the present invention in ~ 
which the‘ selected frequencies of the Fourier transform 
means correspond to musical notes; . . , 

FIG. 10 illustrates a portion of a frequency spectrum 
, in which two frequency samples of the Fourier trans 
form means fall within. the envelope corresponding to 
each musical note; ‘ a Y W .. 

FIG. 11, illustrates a portion of a frequency spectrum 
in which three selected frequencies of the Fourier trans 
form means are included within the envelope associated 

' FIG. 12 illustratesv a‘ preferred embodiment of a sys 
tem for generating inverse ?lter coef?cients for ‘cancel 
lation of room acoustics in accordance with the teach 

FIG. 13’ illustrates’ an embodiment of the present 
_,invention_in which substantial portions of the digital 
signal processing in accordance with the teachings of 
"the presentinvention are performed by a programmed 
digital computer. _ 

DETAILED DESCRIPTION OF THE’ 

’ PREFERRED EMBODIMENTS " ' 

The details of. the present invention will now be de 
scribed in conjunction with the drawings. FIG. 1 illus 
trates apreferred embodiment of an encoding apparatus 
in accordance with the teachings of the presentinven 
tion. FIG. ‘5 illustrates a preferred embodiment of a 
decoding apparatus in accordance with the teachings of 
the present invention. In a system in which musical 

signals are communicated via some communications 
channel, the apparatus illustrated in FIG. lwould be 
located .at .the transmitting station and the apparatus 
illustrated in FIG. 5 would be located in the receiving 
station. In anembodiment in which musical signals are 
stored in some portable memory apparatus, such as an 
audio' disk or some form of magnetically recordable 
medium such as disk, tape, or cassette, the system illus 
trated in FIG. 1 would be employed to encode the 

, musical signals for application to the memory and the 
system illustrated in FIG. 5 would be employed for 
decoding the digital data read out from the portable 
memory. 
FIG. 1 illustrates a preferred embodiment of the en 

coding apparatus 100 in accordance with the teachings 
of the present invention. Analog input signals are re 
ceivedvia analog input 101 and applied to analog to 
digital converter 110. Analog to digital converter 110 
generates a series of digital data words corresponding to 
the analog input. This series of digital data words from 
analog to digital converter 110 is applied to Fourier 
transform means 120. Fourier transform means 120 
converts the time domain digital data from analog to 
digital converter 110 into frequency doman digital, data 
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4 
at selected frequencies. This frequency domain digital 
data is applied torectangular to polar conversion means 
130. Rectangular to polar conversion 130 transforms the 
complex number discrete Fourier transform coefficients 
received from. Fourier transform means 120 from rect 
angular form, which has a real part and an imaginary 
part, into polar‘ form, which has a magnitude part and an 
angle part. This polar form complex number data is 
applied to logarithmic conversion means 140. Logarith 
mic conversion means 140 converts the magnitude part 
of the;complex number data into logarithmic form. The 
thus converted polar form complex number data from 
logarithmic conversion means 140 is applied to digital 
?lter 150/ Digital ?lter 150 selectively modi?es the 
magnitude part’of each complex number coef?cient. 
This modi?cation is dependent upon the frequency of 
the particular complex number discrete Fourier-trans 
form coef?cient, thereby achieving selective frequency 
‘?ltering. The output complex number discrete Fourier 
transform coef?cients from the digital ?lter 150 are 
:‘applied alternately to a'memory means 160 or a commu 
nications'channel 170. Memory 160 stores these com 
‘plex number-discrete Fourier transform coef?cients for 
‘later, readout and use. Communications channel 170 

4.25. I 

'form form coefficients to another unit for reception and 
transmits these? complex number'discrete Fourier trans 

decoding. I . . . 

. Analog to digital converter means 110 operates'to 
“convert analog‘input data received on input 101 into a 
time-series of digital'data words. Analog to digital con 
verter 110 includes low pass ?lter 111, sample and hold 
device .112, 'clock1113 and digitizer 114. Low pass ?lter 
110'has av cut-off frequency equal to the highest fre 
quency signal -of interest in the expected input to input 
101'. In a typical system in which musical signals are 
applied to input 101, the cut-off frequency of low pass 
?lter 111 would be in the region between 15 KHz and 
20 KHz. Low pass ?lter 111 is employed to insure that 
no extraneous high frequency signals which would 
interfere with the reconstituted analog signal are ap 
plied to sample and hold device 112. Sample and hold 
device 112 receives the ?ltered output from low pass 
?lter '111. At time intervals determined by clock 113 
sample and hold device 112. periodically samples the 
amplitude of the analog signal applied thereto and holds 
this sample until the, next sample is taken. Sample and 
hold device112 would typically take the form of a 
gated ampli?er which drives an output capacitor, the 
output capacitor being connected in a circuit whose 
time constant is relativelylarge compared to the sam 
pling interval. The sampled magnitude signal from sam 
ple and hold device 112 is applied to digitizer 114 to 
gether with a signal from clock 113. Digitizer 114 then 
generates a digital data word having a value corre 
sponding to the magnitude of the sampled signal. 
FIGS. 2, 3 and 4 illustrate alternative embodiments of 

digitizer 114 illustrated in FIG. 1. FIG. 2 illustrates a 
digitizer of the ramp voltage type. The sample voltage 
from sample and hold device 112 is applied to the nonin 
verting input of comparator 103. The output of ramp 
voltage generator 104 is applied to the inverting input of 
comparator 103. A signal from clock 113 starts and 
resets ramp voltage generator 104 as well as setting ?ip 
.flop 105. When set ?ip ?op 105_ places a logical high 
signal on one input of NOR gate 107. As a result NOR 
gate; 107 acts as an inverter passing the signal from 
oscillator; 106 to counter 108. The frequency of oscilla 
tor 106 is selected at avalue much higher than the fre 



5 
quency of clock 113. When the voltage from ramp volt 
age generator 104, which starts at a low‘ value and lin 
early increases, crosses the voltage ‘from sampleand 
hold device 112 the output of comparator 103 resets ?ip 
flop 105. As a consequence, NOR gate no longer 
passes the output of oscillator 106 to counter-108.‘ The 
count then stored‘in counter 108 is directly,‘ related'to 
the time required for the voltage from ramp voltage 
generator 104 to reach'the sampled voltage, andthere 
fore is proportional to the sampled voltage. v(jounter v108 
is reset and started by asignal from clock 113 so as‘to'be 
in synchronism w' h the sample time ofis‘at‘nplea'iid'hold 
device 112. ' " v t " ‘ ‘ ‘ 

FIG. 3 illustrates a digitizer of the tracking counter 
type. vThe voltage from sample and hold device‘112‘ is 
applied'to the noninverting input of comparator‘103. 
The 'outut of comparator 103 is applied to the up/do'wn 
control input'of an up/down counter 115;‘ Up/down 
counter 115 is driven by oscillator 106. The ‘output 'of 
up/down counter 115,‘ which is the desiredidig'ital ‘data 
word output, is applied to ‘digital to analog "converter 
116. Digital to analog converter 116 generates air-‘analog 
voltage proportional to the digital‘data' word-and ap 
plies this analog signal to the‘ noninvertin'g‘iiriput of 
comparator 103. Digital to analog converter 116-"may 
operate in a manner similarto-th'at disclosed belowin 
conjunction with the description‘ of digital t‘ozan'alog 
converter 250'. The system'illustrated in FIG. 3‘ineludes 
a feed back loop which causes the count stored in up/ 
down counter 115 to be proportional toIthe-sampled 
voltage. If the count in up/down counter 11$is'too low, 
digital to analog’ converter 116 generates :~ an ‘output 
signal less than the sampled voltage.‘ In> such .a .,case 
comparator 103 causes up/down counter 115 tobein an 
up counting mode. 0n the other hand," if the count in 
up/down counter‘ 115 is . two. great, the output :from 
digital to analog converter 116 isgreater thanpthesa'm 
pled voltage. In this-casethe'output of comparatorz103 
causes up/down counter 115 to be in a down counting 
mode. Thus the feedback loop causes up/down counter 
115 to be countingin a direction toward the :desired 
digital data word count. Up/down counter 115_is reset 
and started by a signal from clock 113 so, as to be in 
synchronism with- sample and :hold device 112. Note 
that it is typical to include one additional bit in. up/ 
down counter 115 than is required for the desired digital 
data word because the system illustrated in FIG. 3 will 
typically toggle the least signi?cant bit between 1 and .0. 
FIG. 4 illustrates'a digitizer of the successive approxi 

mation type. The sample voltage fromsample andhold 
device 112 is applied to the noninverting input of com 
parator 103.>As in the example ‘illustrated in. FIG. 3, a 
digital to analog converter 116 supplies an analog. volt 
age to the inverting input of comparator 103. The out 
put of comparator 103 is applied to an up/down input of 
sequencer 117. Sequencer. 117 presets the count in 
presetable counter 118 starting/with the most signi?cant 
bit and ending with the least signi?cant bit. Initially the 
count stored in presetable counter 118 isall. zero’s and 
thus the output from digital to analog‘ccnverter is less 
thanthe sampled voltage. The-most signi?cant bit is 
then set to. 1, thereby causing digital to analog converter 
116 to generate av voltage in the middle of the range 
controlled by the digital data word stored in presetable 
counter 118. If the voltage output fromdigital to analog 
converter 116 is still less thanithe sampledvoltage, then 
the output from comparatoni103;willremainunchanged 
and the required value o?th?tmost signi?cant bit is one. 
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If the output from digital to analog converter 116 is 
greater than the sampled voltage, the output from com 
parator 103 will reverse‘ and therefore the most signi? 
cant bjt is a zero. Next the second most signi?cant bit is 
set to 11 and comparison is again made via comparator 
103 to determine whether the correct value for this bit 
is zero or 1. This process is continued throughout the 
entire rangev of bits of presetable counter 118 until each 
of these bits has been set in this manner. Sequencer 117 
.-is reset and started by a signal from clock 113 so as to be 
in synchronismwith sample and hold device 112. 
The digital datav wordsvfrom analog to digital con 

verter 110 are applied to Fourier transform means 120. 
‘ Fourier transformlmeans120 converts the time domain 
data receivedprfrom analog to digital converter means 
110 into frequency domain data at a particular set of 
selected frequencies. Fourier transform means 120 in 
cludes avgroup of discrete Fourier transforms (DFI‘) 
represented-by 121, 122, and 123. It is anticipated that 
such a- group of discrete Fourier transforms means 
would be required due'to the substantial computation 
requirements, and the particular organization of the 
selected frequencies at which discrete Fourier trans 
form coef?cients are to be calculated. ‘These discrete 
Fourier transforms would perform a fast Fourier trans 
formon-the time sampled data. A fast Fourier transform 
is: a mathematical technique which uses matrix mathe 
matics to simplify the computation necessary to calcu 
late‘ Fourier-"transform coef?cients from sampled time 
domain datarThis mathematical technique is equally 
applicable to embodiments including dedicated hard 
-ware, for data calculation and to embodiments which 
employ-programmed digital computers. In the present 
‘use a setof digital data words corresponding to approxi 
mately 50 miliseconds of the analog input is applied to 
theinput of the discreteFourier transforms. In a typical 
prior art- use the output of the discrete Fourier trans 
forms would be a set of complex number discrete Fou~ 
rier transform coef?cients corresponding to a set of 
linearly spaced frequencies, the spacing corresponding 
to-the inverse of the length of the data represented by 
the ‘data blocks. Thus, for example, greater frequency 
resolution can be achieved by sampling longer blocks of 
data words, however, the amount of computation for 
obtaining this increased resolution frequency data is 
correspondingly increased. In the present use of the 
discrete Fourier transforms, complex number discrete 
Fourier transform coef?cients are not calculated for 
each of these linearly spaced frequencies. On the con 
trary,*a discrete Fourier transform coef?cient is calcu 
lated only for a primary frequency that is the lowest 
frequency vat which the particular discrete Fourier 
transform can resolve, this being related to the length of 
the data sample, and to frequencies which are octavely 
related to the primary frequency. Thus, the discrete 
Fourier transform coef?cients would be calculated only 
for the primary frequency F and for frequencies ?tting 
the form 2"F, where n is an integer. Calculation of 
discrete Fourier transform coef?cients for only these 
frequencies is accomplished by modifying slightly the 
fast Fourier transform calculation method to omit ma 
trix operations required for calculation of discrete Fou 
riervtransform. coef?cientseorresponding to the other 
frequencies. 

Fourier transform means 120 is illustrated as includ 
ing a plurality of discrete Fourier transforms 121, 122, 
_ancl_;123, because it is contemplated that discrete Fourier 
‘transform coef?cients will be calculated for several sets 
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of octavely related frequencies. Thus each discrete 
Fourier transform will operate from a different number 
of consecutive time domain samples‘ from analog to 
digital converter 110 in order to generate discrete Fou-. 
rier transform coef?cients for a'set'of frequencies with 
a primary frequency within a primary octave. 

' The operation of the discrete Fourier transform 
means is illustrated generally in FIG. 7. Curve 301 cor 
responds to the musical signal applied to input 101, and 
is in the time domain. Analog to digital converter 110 
generates digital data words corresponds to the ampli 
tude of the curve 301 at the times indicated-by samples 
302. These digital data words are applied to the discrete 
Fourier transform means in sample groups as indicated 
by groups 303. As explained above, the length of the 
sample groups determines the resolution-‘frequency of 
‘the resulting discrete Fourier transform.' Curve 304 
represents the Fourier transform of the analog wave 
form shown in curve 301, it being understood that curve 
304 represents in the frequency-domain the same infor 
mation represented in the time domain in curve 302. 
Application of the sample groups 303 of samples 302 to 
the discrete Fourier transforms in accordance with the 
prior art would result in generation of plurality of dis 
crete Fourier transform coef?cients 305 which are sepa 
rated in frequency by an amount the inverse of the 
length of time of the sample groups 303. Please note that ' 
each of these discrete Fourier transform coefficients is a 
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8 
each complex number discrete Fourier transform coef? 
cient is received by rectangular to polar conversion 
means l30t'he real part R is appliedto both inputs of 
multiplier.131 to calculate R2. Similarly, the imaginary 
part Iis applied to both inputs of multiplier 132 to calcu 
late I2. The outputs of multipliers 131 and 132 are ap 
plied to thetwo inputs of adder 133. The result of this 
addition is applied to addressing means‘134 for deter 
mining the data to be read out of square root look-up 
table 135. Speci?cally, addressing means 134 generates 
an address in accordance with the signal received from 
adder 133 which accesses the data value from square 
root look-up table 135 inorder to read out the square 
root of the number ‘applied to addressing means .134. 
Addressing means 134 may include some form of round 
ing in order to access the nearest square ‘root value 

' (stored in square root look-up table 135 in the event that 
' the output from adder 133 does not correspond‘exactly 
to one of thesquare root values storedin square root 
-.look-uptable 135. The square root value output from 
square root look-up table 135 corresponds to the magni 
tudepart of the complex number. 
The angle part of the polar form complex number is 

calculated using divider 136, addressing means 137 and 
are tangent look-up table 138. Imaginary part I and real 
part-Rare applied to divider 136 to generate I/R. This 

. ‘result is applied to addressing means 137 which controls 
complex number which corresponds to the frequency, - 
domain sample of the analog wave illustrated in 301 at to 
the particular frequency. In accordance with the pres- ' 
ent invention, only a subset of these discrete Fourier _ - 
transform coef?cients are calculated. This subset‘ is; 
illustrated by selected frequencies 306. In accordance‘ 
with the teachings of - thev present invention selected“ 
frequencies 306 include a number of primary frequen 
cies, and a group of frequencies octavely related to each 
primary frequency. 
The complex number discrete Fourier transform co 

ef?cients at the selected frequencies generated by Fou 
rier transform means 120 are applied to rectangular to 
polar conversion means 130. ‘It should be noted that the 
complex numbers generated by Fourier transform 
means 120 are in rectangular form. That is, each of these 
complex numbers is represented by a real part and an 
orthoginal imaginary part. Rectangular to polar conver 
sion means 130 translates each of these complex number 
coef?cients from rectangular notation into polar nota~ 
tion. In polar notation each of these complex numbers 
has a magnitude part and an angle part. The rectangular 
form complex number is converted into a polar form 
complex number in accordance with the following for 
mulas; ‘ 

M = » (R2 + 11) 

A = 'arctan (I/R) 

A=arctan (UK) 

where M is the magnitude part and A is the angle part 
of the polar form notation, and R is the real part and 'I 
is the imaginary part of the rectangular form notation. 

' ‘Rectangular to polar conversion means 130 includes 
multipliers 131 and 132, adder 133, addressing means 
134, square root look-up table 135,, divider 136, address 
ing means 137, and are tangent look-up table 138. When 
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‘the read out of data from are tangent look-up table 138 
' in a manner similar to the cooperation of addressing 

‘means 134 andsquare root loop~upitable 135. ‘That is, 
addressing-‘means 137' selects an address from are tan 
gent. look-up table 138 which has data stored therein 
corresponding to the arc tangent of the number output 
from divider 136.- The output 'of'arc tangent look-up 
table "138 thus-is the angle part of the polar form'com 
plex number. As noted below, it is anticipated that the 

' angle part of the polar form complex number coefficient 
will be represented by fewer bits than employed to 
represent either the magnitude part of the polar form 
complex number or either of the real or imaginary parts 
of the rectangular form complex number coefficient. 
For this reason, the angle part is quantized in relatively 
large steps, and therefore it is not ‘necessary to perform 
a precise calculation in order to select the proper angle 
part. Firstly, the sign bits of the real and imaginary parts 
correspond directly to the quandrant at which'the angle 
part lies and therefore the two most signi?cant bits of 
the angle part. In addition, the division taking place in 
divider 136 may be'performed on just a few of the most 
significant bits of the imaginary part I and real part R 
without‘affecting the selected angle part. Alternatively, 
the absolute magnitude of the most signi?cant bits of the 
imaginary part I and the real part R may be compared 
to derive the least signi?cant bits of the angle part. Use 
of either of these schemes or other equivalent schemes 
may reduce the amount of computation necessary to 
calculate the angle part. ' ' ‘ 

The magnitude part and the angle part of each com 
plex number coefficient from rectangular to polar con 
version means 130 is applied to the input of logarithmic 
conversion means 140. Logarithmic conversion means 
140 operates only‘ upon the magnitude part of the com 
plex number coefficients it” receives. This’ magnitude 
part M is applied to addressing means 141 which ad 
dresses‘logarithm looky-upstable 142. Together address 
ing means 141 and logarithm look¢up table 142 operate 
in‘ a manner similar to' addressing means 134 and square 
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root look-up table 135 described above. In this case 
addressing means 141 selects an address within loga 
rithm look-up table 142 where data corresponding to 
the logarithm of the digital data word applied to ad-' 
dressing means 141 is stored. Thus the output of loga 
rithm look-up table 142 and of logarithm conversion 
means 140 corresponds to the logarithm of the magni 
tude part of the complex number coef?cient applied to 
logarithm conversion means 140. 

‘ Conversion from rectangular form to polar form is 
advantageous because of the nature of the response of 
the human ear to tonal sound. The human ear is rela 
tively insensitive to phase angle. For this reason the 
angle part of the polar form complex number discrete 
Fourier transform coef?cient can be represented by 
relatively fewer bits without loss of ?delity. In addition 
the human ear is logarithmically reponsive to sound 
amplitude. For this reason the same range of sound 
amplitude can be encoded without loss of ?delity by 
representing the logarithm of the magnitude part by 
fewer bits than would be otherwise required. It has been 
found that the same signal requiring 14 bit data words 
for faithful representation in the time domain can be 
represented with equal ?delity in the frequency domain 
using only 10 bit data Words, six bits for the magnitude 
and four bits for the angle. ' ‘ ' 

The output of logarithm conversion means 140.-is 
applied to digital ?lter 150. Digital ?lter 150 operates as 
a frequency ?lter. Digital ?lter 150 includes adder 151', 
counter 152, addressing means 153 and frequency coef 
?cient look-up table 154. Note that only that the log 
magnitude part of the complex number coef?cient is 
operated upon by digital ?lter 150. This log magnitude 
part is applied to one input of adder 151. The other 
input of adder 151 is derived as follows.’ A counter 152 
which is in synchronism with the data transfer rate 
between logarithm look-up table 140 and digital ?lter 
150 drives addressing means 153. The output of Fourier 
transform means 120 is organized in such a way that the 
complex number discrete Fourier transform coef?cients 
output therefrom are in a predetermined repeating 
order in accordance with their corresponding frequen 
cies. Counter 152 has a count capacity equal to the 
number of selected frequencies at which complex num 
ber discrete Fourier transform coef?cients are calcu 
lated. Thus the count of counter 152, which is in syn 
chronism with the data transfer rate of the system, is 
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indicative of the corresponding frequency of the cur- . 
rently received complex number coef?cient from loga 
rithm conversion means 140. Addressing means 153 
receives the count of counter 152 and selects an address 
within frequency coef?cient look-up table 154 corre 
sponding to the currently received complex number 
coef?cient. The output from look-up table 154 is applied 
to the other input of adder 151, which thereby modi?es 
the magnitude part of the received complex number 
coef?cient. The output of adder 151 is the output of 
digital ?lter 150. Please note, that by adding a number 
to the logarithm magnitude part, this is equivalent to 
multiplying a linear magnitude part by a predetermined 
factor. _ 

The output of digital ?lter 150 is applied either to 
memory 160 or communications channel 170. If the 
system 100 is employed for storing digital data for later 
reproduction then the data output from digital ?lter 150 
is applied to a memory 160. This memory 160 may be a 
permanent memory such as variations in the grooves of 
a permanently set disk, or it may be a rewritable mem 
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10 
ory such as a magnetic recording medium. This mag 
netic recording medium may be a computer magnetic 
disk, a reel-to-reel, cartridge or cassette tape. In the case 
in which encoding system 100 is employed for commu 
nications, the output of digital ?lter 150 is applied to 
communications channel 170 for transmission to the 
appropriate receiving station. . - 

FIG. 5 illustrates a decoding device for decoding the 
digital musical signal in accordance with the teachings 
of the present invention. This decoding device 200 in 
cludes digital ?lter 210, antilogarithm conversion means 
220, polar to rectangular conversion means 230, inverse 
Fourier transform means 240 and digital-to-analog con 
version means 250. Digital ?lter 210 receives digital 
data inputs at input 201 either from an appropriate read 
ing means from a memory such as memory 160 illus 
trated in FIG. 1 or from a communications channel such 
as communications channel 170 illustrated in FIG. 1. 
Digital. ?lter 210 operates as a frequency ?lter in much 
the same manner as digital ?lter 150 illustrated in FIG. 
1. The ?ltered digital data words from digital ?lter 210 
are applied to antilogarithm conversion means 220. 
Antilogarithm conversion means 220 converts the loga 
rithmic magnitude data into linear data in an operation 
which- is the inverse of the operation of logarithmic 
conversion means 140 illustrated in FIG. 1. The thus 
converted digital data is applied to polar to rectangular 
conversion means 230. Polar to rectangular conversions 
means 230 changes the polar form complexnumber 
coef?cients received from antilogarithm conversion 
means 220 into rectangular form. This operation is the 
inverse of the operation performed by rectangular to 
polar conversion means 130 illustrated in FIG. 1. The 
rectangular form complex number coef?cients from 
polar-to rectangular conversion means 230 are applied 
to inverse Fourier transform means 240. Inverse Fou 
rier transform means 240 converts the discrete Fourier 
transform coef?cients at the selected frequencies re 
ceived from polar to rectangular conversion means 230 
into the time domain. The output of inverse Fourier 
transform means 240 is a set of time domain digital data 
words, each digital data wo'rd having a value corre 
sponding to the magnitude of an analog signal. Inverse 
Fourier transform means 240 performs the inverse oper 
tion of _ Fourier transform means 120 illustrated in FIG. 
1. The time domain digital data words from inverse 
Fourier transform means 240 are applied to digital to 
analog conversion means 250. Digital to analog conver 
sion means 250 receives the time domain sampled digital 
data words from inverse Fourier transform means 240 
and generates an analog signal corresponding thereto. 
This operation is the inverse of the operation performed 
by analog to digital converter 110 illustrated in FIG. 1. 
Digital to analog conversion means 250 generates an 
analog output at output 202. 

Digital ?lter 210 operates in a manner similar to digi 
tal ?lter 150 illustrated in FIG. 1 and described above. 
Digital ?lter 210 receives digital data words at digital 
data input 201. These digital data words may either be 
from appropriate read-out of a memory such as memory 
160 or may be received from a communications channel 
such as communications channel 170. These input digi 
tal data words are applied to one input of adder 211. 
Counter 212 is synchronism with the rate of reception 
of data words at digital data input 201. This synchro 
nism is achieved either by synchronization with the 
means reading out the memory 160 or by receiving and 
detecting a synchronous signal accompanying the digi 
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tal data words on communications channel 170. The 
count of counter 212 is applied to addressing means 213. 
In a manner described 'above in conjunction with digital 
?lter 150, addressing means 213 selects an address 
within frequency coefficient look-up table 214 which 
corresponds to the currently received frequency. This 
frequency coef?cient is applied to the other input of 
adder 211. A manner similar to that described in con 
junction with digital ?lter 150, this addition modi?es 
the magnitude of the polar form complex number of 
coef?cients applied to digital data input 201. The output 
of adder 211 is the output of digital ?lter 210. ' 

Antilogarithmic conversions means 220 receives the 
modi?ed polar form complex number coef?cients gen 
erated by digital ?lter 210 and converts the logarithmic 
magnitude part of each polar form complex number ~ ' 
coefficient back into linear form. Antilogarithmic con 
version means 220 includes addressing means 221 and 
antilogarithm look-up table 222. In a manner described 
in conjunction with previous combinations of address 
ing means and look-up tables, the addressing means 221 
generates an address which corresponds to the received 
magnitude part of the complex number. Antilogarithm 
look-up table 222 stores a data word at this location 
which corresponds to the antilogarithm of the received 
magnitude part. This antilogarithm digital data word is 
read out of antilogarithm look-up table 222 when the 
address is applied thereto via addressing means 221. The 
output of antilogarithm look-up table 222 is the output 
of antilogarithm conversion means 220. 
vPolar to rectangular conversion means 230 receives 

‘ the digital data words output from antilogarithm con 
version means 222 and converts these polar form com 
plex numbers into rectangular form. Polar to rectangu 
lar conversion means 230 includes addressing means 
231, cosine look-up table 232, multiplier 233, addressing 
means 234,»sine look-up table 233 and multiplier 236. 
The angular part of the polar form complex number A 
is applied to addressin means 231. Addressing means 
231 selects an appropriate address corresponding to the 
received angular part digital data word for application 
to cosine look-up table 232. Cosine look-up table 232 
outputs a digital data word corresponding to the cosine 
of the angular part A received by addressing means 231. 
This cosine term is applied to one input of multiplier 
233. The magnitude part of the complex number M is 
applied to the other input of multiplier 233. Therefore 
the output of multiplier 233 is the real part of a rectané 
gular form complex number in accordance with the 
formula R=M cos A. In a similar manner the angular 
part of the polar form complex number is applied to 
addressing means 234 which causes sine look-up table 
235 to output a digital data word corresponding to the 
sine of the angular part A applied to addressing means 
234. This sine term is applied to one input of multiplier 
236 which receives the magnitude part M at the other 
input. Thus the output of multiplier 236 is the imaginary 
part I in accordance with the formula I=M sin A. 
FIG. 6 illustrates polar to rectangular/antilogarith 

mic conversion means 260 which can be used to replace 
both antilogarithmic conversion means 220 and polar to 
rectangular conversion means 230 illustrated in FIG. 5. 
Polar to'rectangular/antilogarithmic conversion means 
260 includes addresser 261, look-up table 262, adder 
263, addresser 264, look-up table 265, addresser 266, 
look-up table 267, adder 268, addresser 269 and look-up 
table 270. The angle part A of the polar form complex 
number is applied to both addressers 161 and 166. Ad 
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dresser 161 selects an address within look-up table 262 
corresponding to the received angle part. The data 
stored at this location corresponds to the logarithm of 
the cosine of the angle A. Similarly, addresser 266 picks 
an address within look-up table 267 corresponding to 
the received angle part A. Stored at this location is data 
corresponding to the logarithm of the sine of the angle 
A. The data from look-up table 262 is applied to one 
input of adder 263 which also receives the logarithm of 
the magnitude part M. Similarly, the output of look-up 
table 267 is applied to one input of adder 268 which also 
receives the logarithm of the magnitude part M. The 
sum output from adder 263 is applied to addresser 264 
which selects an appropriate address within- look-up 
table 265. The data at the selected address within look 
up table 265 corresponds to the antilogarithm of the 
output from adder'263. Similarly, the sum output from 
adder 268 is applied to addresser 269 for selection of the 
appropriate locationwithin look-up table 270. As in the 
case of look-up table 265, look-up table 270 stores data 
corresponding to the antilogarithm of the sum output 

_ from adder-268.‘ Polar to rectangular/antilogarithmic 
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conversion means 260 thus calculates the real part R in 
accordance with'the formula R=antilog (log M+log 
cos A). Similiarly, polar to rectangular/antilogarithmic 
conversion means 260 calculates the imaginary part I in 
accordance with the formula I=antilog(log M+logsin 
A).Calculation of the rectangular coordinates in this 
manner results in replacing multipliers 233 and 236 of 
polar to rectangular conversion means 230 with adders 
263 and 268 in polar to rectangular/antilogarithmic 
conversion means 260. This substitution greatly reduces 
the computational requirements for calculation of the 
rectangular coordinates. The difference between the 
trigonometric look-up tables 232 and 235 and the loga 
rithmic of the trigonometric look-up tables 262 and 267 
is solely in the speci?c data within these tables and thus 
no additional computation is required. 

Inverse Fourier transform 240 receives the rectangu 
lar form complex numbers from polar to rectangular 
conversion means 230 and converts this data into the 
time domain. As in the case of Fourier transform means 
120, due to the computational requirements for convert 
ing the input frequency domain data into the time do 
main, inverse Fourier transform means 240 includes a 
number of discrete Fourier transforms represented by 
discrete Fourier transforms 241, 242 and 243. An inter 
esting and useful feature of the discrete fast Fourier 
transform mathematical technique is that this mathe 
matical technique is completely reciprocal. That is, the 
same matrix mathematics can be used to convert time 
sampled time domain data into the frequency domain 
and for converting frequency sampled frequency do 
main data into thetime domain. Therefore, each dis 
crete Fourier transform 241, 242 and 243 is identical to 
and performs the same mathematical functions as the 
discrete Fourier transforms 121, 122 and 123 illustrated 
in FIG. 1. The output of this group of discrete Fourier 
transforms is a set of digital data words each corre 
sponding to the magnitude of an analog signal at a se 
lected time. This set of digital data words corresponds 
to the digital data word output from analog to digital 
converter means 110, with the exception of the fre 
quency ?ltering in?uences of digital ?lter 150 and digi 
tal ?lter 210. ' 

The time domain digital data words from inverse 
Fourier transform means 240 are applied to digital to 
analog conversion means 250. Digital to analog conver 
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sion means 250 converts these received digital data 
words into an analog signal output at analog signal 
output 202. Digital to analog conversion means 250 
includes register 251, a number of current drive means 
represented by currents drives 252, 253 and 254, analog 
summing ampli?er 255 and low pass ?lter 256. Each 
received digital data word is applied in parallel to regis 
ter 251, which stores an entire’ digitial data word 
therein. Each individual bit of the digital data word 251 
is applied to one of the group of current drives_illlus 
trated by current drives 252, 253 and 254. The state of 
the corresponding bit stored in register 251 determines 
whether the respective current drive is active or inac 
tive. Note that the amount of current generated by. the 
respective current ‘drives when active corresponds to 
the particular digit represented. Thus current drive 251 
generates a unit current, current drive 253 generates a 
two unit current, and current drive 254 generates a 
current having 2” units, where N is' the number-of bits 

10 

of the digital data word stored in register 251. Each of 20 
the currents produced by current'drives >252, 253 and 
254 are applied to analog summingampli?er 255.,The 
output of analog summing ampli?er 255 has a magni 
tude corresponding to the value of the digital data word 
stored in register 251. This analog output is applied-to 
low pass ?lter 256, which serves to. ?lter. _. out any 
switching transients between consecutive digital data 
words applied to register 251. The output of ?lter-256__i_s 
applied to output 202. This output corresponds substan— 
tially to the analog input applied to .input 101, with the . 
exception of the ?ltering features of digital ?lter 150 
and digital ?lter 210. . - , 

FIG. 8 illustrates the selected frequencies of thefre 
quency domain coefficients for the Fourier transform 
means 120 illustrated in FIG.,1 and the inverse Fourier 
transform means 240'illustrated in vFIG. 5. It, is well 
known that the human ear generally distinguishes musi 
cal tones on the basisof percentage frequencywdiffer 
ence. Thus the humanearhas approximately the same 
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tonal resolution in each octave. By taking advantage of 40 
this limitation in the analytical capacity of the human 
hearing system, the number of frequencies at which 
discrete Fourier transform coefficients are required can 
be greatly reduced. The general scheme of the present 
invention is to provide discrete Fourier transform coef-. 
?cients at sets of frequencies which are oetavely re 
lated. ' _ . . 

FIG. 8 illustrates a frequency spectrum on a logarith 
mic scale, that is eachoctave occupies the same linear 
space as each other octave, This logarithmic scale ap-_ 
proximates the resolution capacity of the human ear as 
noted above. This frequency spectrum includes primary 
octave 401 and secondary octaves .402, 403, and 404. 
Each frequency set includesa primary frequency within 
the primary octave and secondary frequencies within 
each of the secondary octaves. Note that primary fre 
quency 411 falls within the primary octave 401. Primary 
frequency 411 has associated therewith secondary fre 
quencies such as secondary frequency_412 withinsec 
ondary octave 402, secondary frequency 413 within 
secondary octave 403 and secondary frequency=414 
within secondary octave 404. Primary frequency 421 
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also falls within the primary octave 401. Primary fre- ~_ 
quency 421 has secondary frequencies 422,432, and 424 
which are oetavely related thereto. Similiarly, primary 
frequency 431 has oetavely related frequencies432, 433, 
and 434 associated therewith. A ‘similar relationship 
holds betweenprimary frequency 441 and‘ secondary 
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frequencies 442, 443, and 444. Note that the primary 
frequencies 411, 421, 431 and 441 are equally spaced on 
a percentage basis within primary octave 401. Thus the 
secondary frequencies within each secondary octave 
are also spaced at equal percentage frequency intervals 
throughtout the respective secondary octaves. Thus the 
selected frequencies at which discrete Fourier trans 
form coef?cients are calculated are equally spaced on a 
percentage frequency basis throughout the frequency 
spectrum of interest. This equal percentage dispersion 
throughout the frequency spectrum of interest approxi~ 
mates the response of the human hearing system to tonal 
sounds. According to the present scheme there are 
fewer-discrete Fourier transform coef?cients calculated 
for frequencies in the higher octaves than heretofore 
known, however, the omission of these additional fre 
quencies doesnot degrade the ?delity of the repro 
duced musical tones because the human hearing system 
is relatively insensitive to these additional frequencies at 
the upper octaves. g‘ 

, .- FIG. 9 illustrates a preferred embodiment of the se 
lection of the primary frequencies for the primary oc 
tave.>.>It should be understood that each secondary oc 
tave (not illustrated in FIG. 9) includes a similar disper 
(sion; of secondary frequencies related to the illustrated 
primary frequencies. FIG. 9 illustrates primary octave 
401 and a group of primary frequencies distributed 
throughout the primary octave. In the case of the em 
bodiment illustrated in FIG. 9, there are twelve primary 
frequencies‘ 501 to 512 which are equally distributed 
throughout the primary octave. In this case each of the 
twelve primary frequencies 501 to 503 corresponds to 
the frequency‘v of the twelve musical notes within pri 
mary- octave 401. Thus primary frequency 501 corre 
sponds to_ the musical note A, primary frequency 502 
.corresponds to the musical note B ?at, primary fre 
quency 503 corresponds to the musical note B, and so 
forth throughout the primary octave. Note that because 
each of the primary frequencies 501 through 512 has a 
number of secondary frequencies at different octaves 
associated therewith, FIG. 9 illustrates a frequency 
selection scheme in which a discrete Fourier transform 
coef?cient is calculated for frequencies corresponding 
to each musical note through out the spectrum of inter 
est. This selection of frequencies for calculation of dis 
crete Fourier transform coef?cients is particularly ad 
vantageous because, ?rstly, as explained above the 
human hearing system is responsive only to percentage 
frequency differencies, and, secondly, the selected fre 
quencies at which the discrete Fourier transform coef? 
cients are calculated corresponds to the exact frequen 
cies at which the greatest amount of energy is expected 
when musical signals are encoded. 
, FIGS. 10 and 11 illustrate a portion of the primary 
octave corresponding to the musical notes B and C 
illustrating an improved scheme for selecting the fre~ 
quencies at which discrete Fourier transform coef?ci 
ents are to be calculated. It is generally known that 
musical instruments do not generate sharp frequency 
envelopes corresponding exactly to the frequency of 
the played musical note, but rather are known to gener 
ate rather broader spectrum corresponding generally to 
the frequencies near the frequency corresponding to the 
played musical note. Speci?cally some instruments such 
as pianos and pipe organs which employ more than one 
frequency generator for each musical note are deliber 
ately tuned to generate a broadened frequency spec 
trum by having one or more frequency generators ele 
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ments tuned below the frequency corresponding to the 
musical note' and one or more frequency generator ele 
ments tuned to frequencies greater than the frequency 
corresponding to the musical note. For such instru 
ments the frequency selection scheme illustrated _in 
FIG. 8 may not convey all of the useful information 
necessary for high ?delity reproduction of musical sig 
nals. The two schemes illustrated in FIGS. 10 and 11 are 
intended to enable more accurate sampling and repro— 
duction of such broadened tone musical signals. 
FIG. 10 illustrates a portion of ‘the prime octave in 

cluding the musical notes B and C. The potential energy 
near the frequency of musical notes B is ‘illustrated by 
the envelope 601. The potential energy near the fre 
quency of the musical note C is illustrated by the enve 
lope 602. Note that there are three selected frequencies 
for each of the illustrated musical notes B and C. Corre 
sponding to musical note B is primary frequency 610 
equal to the frequency of the musical note, primary 
frequency 611 less than the frequency of the musical 
note and primary frequency 612 greater than the fre 
quency of the musical note. Similarly there are three 
primary frequencies corresponding to the musical note 
C. These are primary frequency 620 equal to the fre 
quency of the musical note, primary frequency 611 less 
than the frequency of the musical note and primary 
frequency 622 which is greater than the frequency of _ 
the musical note. It is proposed that a group of three 
primary frequencies be distributed within the potential 
energy envelope for each musical note within the pri 
mary octave such as illustrated for the two primary 
notes B and C in FIG. 10. Thus the primary octave 
would'contain thirty six primary frequencies. Because 
each of these primary frequencies has a group of sec 
ondary frequencies associated therewith, each musical 
note throughout the frequency spectrum of interest 
would have a’ group of three frequencies at which dis 
crete Fourier transform coefficients are calculated. 
FIG. 11 is similiar to FIG. 10 except that FIG. 11 

illustrates a pair of primary frequencies for each of the 
musical tones B and C. FIG. 11 illustrates potential 
energy envelopes 701 corresponding to the primary 
octave musical note B and 702 corresponding to the 
primary octave musical note C. Both musical notes B 
and C have two primary frequencies associated there 
with. Musical note B has associated therewith primary 
frequency 711, which isless than the frequency of the 
musical note and primary frequency 712, which is 
greater than the frequency of the musical note. Simi 
larly, primary frequency 721 which is less than the 
frequency than the musical note and primary frequency 
722 which is greater than the frequency of the musical 
note are associated with the musical note C. Thus each 
of the twelve musical notes within the primary octave 
have two primary frequencies associated therewith, 
thereby making twenty four total primary frequencies. 
As in the scheme illustrated in FIG. 6 there are second 
ary frequencies relating to the illustrated primary fre 
quencies throughout the frequency spectrum of interest, 
Thus according to the scheme illustrated in FIG. 11, 
each musical note within the spectrum of interest has 
two frequencies at which discrete Fourier transform 
coefficients are calculated associated therewith. ' 

Fourier transform means 120.can be constructed in 
accordance with the above described principles of se 
lecting the frequencies at which discrete Fourier trans~ 
'form coef?cients are calculated to minimize the data 
calculation requriements. This can be accomplished by 
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providing one discrete Fourier transform, such as dis 
crete Fourier transform means 121, 122 and’ 123 illus 
trated in FIG. 1, for each primary frequency. Each of 
these discrete Fourier transforms would operate upon 
differing numbers of sampled digital data words from 
analog to digital converter 110. As noted above, the 
smallest frequency resolution of the output from a dis 
crete Fourier transform is related to the time length 
sampled, and therefore to the number of samples ap 
plied to the discrete Fourier transform. Ordinarily, a 
discrete Fourier transform would then permit genera 
ticn of discrete Fourier transform coef?cients at the 
lowest frequency of resolution and at all integral multi 
plies’ of that frequency. By providing a discrete Fourier 
transform for each of the primary frequencies, each of 
these discrete Fourier transforms being responsive to a 
predetermined number of digital data word samples 
from analog to digital converter 110 corresponding to 
"its primary frequency, it is not necessary to ‘require a 
discrete Fourier transform to operate on an extremely 
large number of data word samples in order to provide 
frequency resolution corresponding to each frequency 
within the primary octave. In addition, each of these 
discrete Fourier transforms is also capable of generating 
the discrete Fourier transform coef?cients for second 
ary frequencies octavely related to their respective 
primary frequencies. Calculation of discrete Fourier 
transform coef?cients at frequencies other than those 
octavely related to the primary frequency of the partic 
ular discrete Fourier transform is inhibited by omiting 
the matrix operations necessary for calculating these 
coef?cients. 
The above described technique will become clear 

from the description of a concrete example below.'Ref 
ering to FIG. 9, it is noted that the lowest primary 
frequency at which a discrete Fourier transform coef? 
cient is required to be calculated is 27.5 Hz. Assuming a 
sample data rate of 44 KHz it is necessary to employ 
1600 samples to provide resolution at this frequency. 
Thus a basic data block of 1600 digital data words 
would be applied to Fourier transform means 120. Dis 
crete Fourier transforms for other higher primary fre 
quencies at higher frequencies would be responsive to a 
number of consecutive digital data words fewer than 
the 1600 data words forming the basic data block. For 
example, in order to provide resolution at the frequency 
of 30.9 Hz corresponding to the musical note B, 1424 
consecutive digital data words would be employed. The 
discrete Fourier transform corresponding to the pri 
mary frequency 30.9 KHz thus should be made respon 
sive to 1424 consecutive digital data words from analog 
to digital converter 110 during each cycle of 1600 digi 
tal data words, and not responsive to the other data 
words. This set of 1424 consecutive digital data words 
can be anywhere within the basic data block of 1600 
digital data words. Similarly, the discrete Fourier trans 
form having a primary frequency of 32.7 Hz corre 
sponding to the musical note C should be responsive 
1346 consecutive digital data words within the data 
block of 1600 data words. Assuming that a frequency 
selection scheme such as illustrated in FIG. 10 is em 
ployed using a deviation from the center frequency of 
approximately 0.5%, frequency 611 would be approxi 
mately 30.7 Hz requiring 1431 samples. Frequency 610 
would be approximately 30.9 Hz requiring 1424 sam 
ples, frequency 612 would be 31.1 Hz requiring 1417 
samples, frequency 621 would approximately 32.5 Hz 
requiring 1353 samples, frequency 620 would be ap 
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proximately 32.7 Hz requiring 1346 samples, and fre 
quency 622 would be approximately 32.8 Hz requiring 
1339 samples. Similarly, if a frequency selection scheme 
such as illustrated in FIG. 11 was selected using a fre 
quency deviation of 0.3%, frequency 711 would be 
approximately 30.8 Hz requiring 1424 samples, fre 
quency 712 would be approximately 31.0 Hz requiring 
1420 samples, frequency 721 would be approximately 
32.6 Hz requiring 1350 samples, and frequency 722 
would be approximately 32.8 Hz requiring 1342 sam 
ples. . . 

The data rate advantage of the present invention can 
be shown by a few simple calculations. Assume that the 
frequency selection scheme illustrated in FIG. 10 is 
used, whereby each musical tone has 3 selected frequen 
cies associated therewith, for a musical scale of l0'oc 
taves. There are thus 36 selected frequencies per octave 
for a total of 360 selected frequencies. For a 2 channel 
stereo system there would be 720 complex number dis 
crete Fourier transform coefficients of 10 bits each (6 ~ 
bits for the log magnitude and 4‘bits for the angle). 
These complex number discrete Fourier transform coef 
?cients would be calculated and transmitted approxi 
mately 20 times per second assuming the primary oc 
tave begins at about 20 Hz. This makes a total data rate 
of about 144 thousand bits per second. This is almost an 
order of magnitude less than the 1.23 to 1.4 million bits 
per second required by the prior art technique. It is 
believed this order of magnitude reduction in'data rate 
makes the present tecnique highly advantageous for a 
wide range of memory prices and communications 
bandwidth requirements even in light of the additional 
computational requirements of the present invention. 

It should be clear to those skilled in the art thatthe 
present invention is equally applicable to a two channel 
stereo system or a four channel quadrophonic system 
without extensive modi?cation. It should also be clear 
that some of the components of both the encoding appa 
ratus 100 and the decoding apparatus 200 could be 
shared in a multichannel system by appropriate time 
shared data separation. For example, by proper address 
ing the functions of look-up tables 232 and 235 may be 
combined. Similiarly, look-up tables 262 and 267 may be 
combined. ' 

FIG. 12 illustrates a preferred embodiment for gener 
ating inverse ?lter coef?cients for the cancellation of 
the room acoustics in a musical signal play back system. 
FIG. 8 illustrates a memory 160, such as illustrated in 
FIG. 1 which is connected to a decoding apparatus 200 
substantially as illustrated in FIG. 5. Decoding means 
200 includes digital ?lter 210, antilogarithm look-up 
table 220, polar to rectangular conversion means 230, 
inverse Fourier transform means 240 and digital to ana 
log conversion means 250. Digital to analog conversion 
means 250 is connected to a sound reproducing means 
such as speaker 801 illustrated in FIG. 12. Speaker 801 
is disposed at an operating position within room 802. 
Also disposed within room 802 is a microphone 803 
which is placed at the preferred listening position. Mi 
crophone 803 is connected to an encoding apparatus 
100, substantially as shown in FIG. 1 Encoding appara 
tus 100 includes analog to digital conversion means 110, 
Fourier transform means 120, rectangular to polar con 
version means 130 and logarithmic conversion means 
140. The output of logarithmic conversion means 140 is 
connected to a processor 804, which operates in a man 
ner to be further described below. 
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Memory means 160 has stored therein a particular 

test program to enable the system illustrated in FIG. 8 
to cancel the room acoustics of room 802. This sort of 
test data would ordinarily include one or more signals 
which include substantial acoustical energy throught 
out the frequency spectrum of interest. As an alterna 
tive to providing a test recording on memory 160, it is 
possible to provide a test source 805 which is connected 
to digital ?lter 210 to generate this test signal. Test 
source 805 would preferably generate a series of the 
same digital data words. Since these digital data words 
are recognized as polar form complex number discrete 
Fourier transfer coef?cient by the decoding apparatus 
200, a provision of equal test words from test source 805 
would be interpreted as a “white noise” signal having 
'equal energy at each of the selected frequencies of the 
decoding apparatus 200. This test signal is transmitted 
into listening room 802 by speaker 801. Microphone 803 
receives this test signal as modi?ed by the acoustics of 
listening room 802. This signal was processed by encod 
ing apparatus 100 and the output of logarithmic conver 
sion means 140 is applied to processor 804. In the event 
that the test sound has equal energy at each of the se 
lected frequencies, any deviation from equal energy at 
the output of logarithmic conversion means 140 is due 
to room’ acoustics. Processor 804 receives the polar 
form complex number discrete Fourier transform coef 
?cients from logarithmic look-up table 140 and calcu 
lates the inverse of each magnitude part for‘ each se 
lected frequency. This set of inverse magnitude parts is 
then entered into look-up table 214 which is a part of 
digital ?lter 210. For this application look-up table 214 
must be either a random access memory (RAM) or an 
erasable programmable read-only memory (EPROM). 
With the particular frequency coefficients thus en 

tered into digital ?lter 210, the decoding apparatus 200 
causes speaker 801~to emit a different signal into listen 
ing room 802 than is applied to digital ?lter 210. In this 
case the acoustical characteristics of listening room 802 
are cancelled out by the operation of digital ?lter 210 
when the contents of look-up table 214 are speci?ed in 
the manner described. Thus, for example, if listening 
room 802 has a “dead spot” at a particular frequency at 
the location of microphone 803, this would be sensed by 
the system ‘illustrated in FIG. 8 and an appropriate 
correction would be made by a digital ?lter 210. This 
explanation would apply equally well for a “hot spot” 
in which the acoustical characteristics of listening room 
802 causes increased amplitude at a particular frequency 
at-the location of microphone 803. 
FIG. 13 illustrates an alternative embodiment which 

is capable of performing the functions of the encoding 
means 100 illustrated in FIG. 1 and/or the decoding 
means 200 illustrated in FIG. 5. System 900 illustrated 
in FIG. 13 includes analog to digital conversion means 
110 suchyas illustrated in FIG. 1. The data words gener 
ated by analog to digital conversiion means 110 are 
applied to an input controller means 901 and hence to an 
arithmetic logic unit 902. The arithmetic logic unit 902 
performs logical functions under the control of a pro 
gram permanently stored in a read only memory 903. 
Read only memory 903 can be permanently pro 
grammed to cause arithmetic logic unit 902 to perform 
the functions of Fourier transform means 120, rectangu 
lar to polar conversion means 130, logarithmic conver 
sion means 140 and digital ?lter 150 and may be further 
programmed to cause arithmetic logic unit 902 to per 
form the functions of digital ?lter 210, antilogarithmic 
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conversion means 220, polar to rectangular conversion 
230 and inverse Fourier transform means 240. Under 
the control of the program stored in read only memory 
903, arithmetic logic unit 902 may temporarily store 
intermediate data in random access memory 904. The 
arithmetic unit 902 periodically accesses the intermedi 
ate data stored in random access memory 904 in accor 
dance with the program stored in read only memory 
903 in order to calculate further intermediate data. The 
results of the logical operations of arithmetic logic unit 
902 are applied to output means 903 and hence to digital 
to analog conversion means 280. Due to the ‘large 
amount of calculation required in this system, the arith 
metic logic unit 902 must be an extremely high speed 
device in'order to perform the above described manipu 
lations of the musical signal data in real time. However, 
this con?guration enables rapid change of the particular 
algorithm implemented, especially rapid change of the 
?lter coef?cients within digital ?lter 150 and digital 
?lter 210 by merely changing the program stored in 
read-only memory 903. In addition, it is possible to 
make arithmetic logic unit 902 responsive to a user 
generated program which may be stored in a portion of 
random access memory 904. Thus it may be possible to 
enable a user to alter the ?lter coef?cients within digital 
?lter 150 or digital ?lter 210 by merely changing the 
data stored within random access memory 904. The 
apparatus 900 illustrated in FIG. 13 is thus an extraordi 
narily flexible digital signal processing apparatus. 
What is claimed is: 
1. An apparatus for communicating musical signals 

comprising; 
analog to digital conversion means for receiving an 

analog signal representing a musical signal and 
converting the analog signal into a corresponding 
plurality of ?rst digital data words, each of the ?rst 
digital data words representing the amplitude of 
the audio signal at a corresponding one of a plural 
ity of sampling intervals; 

Fourier transform means connected to the analog to 
digital conversion means for converting successive 
selected sets of successive ?rst digital data words 
into corresponding sets of a plurality of second 
digital data words, each of the second digital data 
words representing a complex number discrete 
Fourier transform coef?cient of a corresponding 
frequency of at least'one set of frequencies, each set 
of frequencies including a primary frequency and 
only frequencies octavely related thereto and ex 
cluding harmonics which are not octavely related 
to said primary frequency, 

communication means connected to the Fourier 
transform means for transmission of digital data 
words applied thereto; 

inverse Fourier transform means connected to the 
communication means for converting sets of digital 
data words transmitted by the communication 
means into successive sets of third digital data 
words, each third digital data word representing 
the amplitude of an analog signal at a correspond 
ing one of a plurality of sampling intervals; and 

digital to analog conversion means converted to the 
inverse Fourier transform means for converting the 
plurality of third digital data words into a corre 
sponding analog signal. ‘ 

2. An apparatus for communicating musical signals as 
claimed in claim 1 further comprising: 
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rectangular to polar conversion means connected 
between the Fourier transform means and the com 
munication means for converting each of the sec 
ond digital data words into polar form wherein the 
complex number discrete Fourier transform coef? 
cient has a magnitude part and an angle part; and 

polar to rectangular conversion means connected 
between the communication means and the inverse 
Fourier transform means for converting each digi 
tal data word recalled from the memory means into 
rectangular form wherein the complex number 
discrete Fourier transform coef?cient has a real 
part and an imaginary part. 

3. An apparatus for communicating musical signals as 
claimed in claim 2 wherein: 

the rectangular to polar conversion meansincludes 
means for converting each of the second digital 
data words into polar form having a magnitude 
part with a ?rst predetermined number of bits and 
an angle part with a second predetermined number 
of bits, said ?rst predetermined number being 
greater than said second predetermined number. 

4. An apparatus for communicating musical signals a 
claimed in claim 2, further comprising: 

logarithmic conversion means connected between 
the rectangular to polar conversion means and the 
communication means for converting the magni 
tude part of each second digital data word into the 
logarithm thereof; and _ 

antilogarithmic conversion means connected be 
tween the communication means and the polar to 
rectangular conversion means for converting the 
magnitude part of each digital data word read out 
of the memory into the antilogarithm thereof. 

5. An appartus for communicating musical signals as 
claimed in claim 2, further comprising: 

?lter means connected between the rectangular to 
polar conversion means and the communication 
means for modifying the magnitude part of each 
second digital data word by a selected amount 
related to the corresponding frequency of the sec 
ond digital data word. 

6. An apparatus for communicating musical signals as 
claimed in claim 2, further comprising: 

?lter means connected between the communication 
means and the polar to rectangular conversion 
means for modifying the magnitude part of ‘each 
second digital data word by a selected amount 
related to the corresponding frequency of the sec 
ond digital data word. ' . 

7. An apparatus for communicating musical signals as 
claimed in claim 1, wherein: 

said Fourier transform means comprises a plurality of 
discrete Fourier transform means corresponding to 
respective ones of a plurality of primary frequen 
cies, each discrete Fourier transform means respon 
sive to successive sets of a predetermined number 
of ?rst digital data words, said predetermined num 
ber equal to the inverse of the product of the length 
of the sampling internal and the primary frequency, 
and each discrete Fourier transform means con 
verting said sets of ?rst digital data words into 
second digital data words representing-complex 
number discrete Fourier transform coef?cients at 
said respective primary frequencies and said fre 
que'ncies octavely related thereto. 

8. An apparatus for communicating musical signals as 
claimed in claim 1, wherein: ' 
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said Fourier transform means includes means for 
generating second digital data words representing 
discrete Fourier transform coef?cients at corre 
sponding sets of frequencies wherein the primary 
frequency of each of the sets of frequencies corre 
sponds to a selected musical note. ' 

9. An apparatus for communicating musical signals as 
claimed in claim 8, wherein: 

said means for generating second digital data words 
further includes means wherein said at least one set 
of frequencies comprises twelve sets of frequencies 
and the primary frequency of each of the sets of 
frequencies corresponds to a different musical note 
of a primary octave. 

10. An apparaatus for communicating musical signals 
as claimed in claim 1, wherein: 

said Fourier transform means includes means for 
generating second digital data words representing 
discrete Fourier transform coefficients at ' corre 
sponding sets of frequencies wherein the primary 
frequency of each of the sets of frequencies is 
within a predetermined frequency range of an asso 
ciated musical note. 

11. An apparatus for communicating musical signals 
as claimed in claim 10, wherein: 

said means for generating second digital data words 
further includes means wherein each musical note 
of a primary octave has a predetermined number of 
primary frequencies associated therewith. _ 

12. An appartus for communicating musical signals as 
claimed in claim 11, wherein: 

said means for generating second digital data words 
further includes means wherein each musical note 
of the primary octave has associated therewith a 
?rst primary frequency a predetermined percent 
age less than the frequency of the musical note and 
a second primary frequency said predetermined 
percentage greater than the frequency of the musi 
cal note. 

13. An apparatus for communicating musical signals 
as claimed in claim 11, wherein: 

said means for generating second digital data words 
further includes means wherein each musical note 
of the primary octave has associated therewith a 
?rst primary frequency a predetermined percent 
age less than the frequency of the musical note, a 
second primary frequency equal to the frequency 
of the musical note and a third primary frequency 
the predetermined frequency greater than the fre 
quency of the musical note. 

14. An apparatus for communicating musical signals 
as claimed in claim 1, wherein: 

said Fourier transform means includes means ‘for 
generating second digital‘ data words of corre 
sponding sets of frequencies wherein a primary 
octave has a predetermined number of primary 
frequencies disposed at equal percentage frequency 
intervals associated therewith. 

15. An apparatus for encoding musical signals com 
prising; 

analog to digital conversion means for receiving an 
analog signal representing a musical signal and 
converting the analog signal into a corresponding 
plurality of ?rst digital data words, each of the ?rst 
digital data words representing the amplitude of 
the audio signal at a corresponding one of a plural 
ity of sampling intervals; and 
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Fourier transform means for converting successive 

selected sets of successive ?rst digital data words 
into a corresponding sets of a plurality of second 
digital data words, each of the second digital data 
words representing a complex number discrete 
Fourier transform coef?cient of a corresponding 
frequency of at least one set of frequencies, each set 
of frequencies including a primary frequency and 
only frequencies octavely related thereto and ex 
cluding harmonics which are not octavely related 
to said primary frequency. 

16. An apparatus for encoding musical signals as 
claimed in claim 15, further comprising; 

rectangular to polar conversion means connected to 
the Fourier transform means for converting each of 
the second digital data words into polar form 
wherein the complex number discrere Fourier 
transform coef?cient has a magnitude part and an 
angle part. 

17. An apparatus for encoding musical signals as 
claimed in claim 16 wherein: 

the rectangular to polar conversion means includes 
means for converting each of the second digital 
data words into polar form having a magnitude 
part with a ?rst predetermined number of bits and 
an angle part with a second predetermined number 
of bits, said ?rst predetermined number being 
greater than said second predetermined number. 

18. An apparatus for encoding musical signals as 
claimed in ‘claim 16 further comprising: 

logarithmic conversion means connected between 
the rectangular to polar conversion means and the 
communication means for converting the mangi 
tude part of each second digital data word into the 
logarithm thereof. 

19. An apparatus for encoding musical signals as 
claimed in claim 16, further comprising: 

?lter means connected to the rectangular to polar 
conversion means for modifying the magnitude 
part of each second digital data word by a selected 
amount related to the corresponding frequency of 
the second digital data word. 

20. An apparatus for encoding musical signals as 
claimed in claim 1, wherein: 

said Fourier transform means comprises a plurality of 
discrete Fourier transform means corresponding to 
respective ones of a plurality of primary frequen 
cies, each discrete Fourier transform means respon 
sive to successive sets of a predetermined number 
of ?rst digital data words, said predetermined num 
ber equal to the inverse of the product of the length 
of the sampling interval and the primary frequency, 
and each discrete Fourier transform means con 
verting said sets of ?rst digital data words into 
second digital data words representing complex 
number discrete Fourier transform coef?cients at 
said respective primary frequency and said fre 
quencies octavely related thereto. 

21. An apparatus for encoding musical signals as 
claimed in claim 15, wherein: 

said Fourier transform means includes means for 
generating second digital data words representing 
discrete Fourier transform coef?cients at corre 
sponding sets of frequencies wherein the primary 
frequency of each of the sets of frequencies corre 
sponds to a selected musical note. 

22. An apparatus for encoding musical signals as 
claimed in claim 21, wherein: 
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said means for generating second digital data words 
further includes means wherein the at least one set 
of frequencies comprises twelve sets of frequencies 
and the primary frequency of each of the sets of 
frequencies corresponds to a different musical note 
of a primary octave. 

23. An apparatus for encoding musical signals as 
claimed in claim 15, wherein: . 

said Fourier transform means includes means for 
generating second digital data words representing 
discrete Fourier transform coef?cients at corre 
sponding sets of frequencies wherein the primary 
frequency of each of the sets of frequencies is 
within a predetermined frequency range of an asso 
ciated musical note. 

. 24. An apparatus for encoding musical signals as 
claimed in claim 23, wherein: 

said means for generating second digital data words 
further includes means wherein each musical note 
of a primary octave has a predetermined number of 
primary frequencies associated therewith. 

25. An apparatus for encoding musical signals as 
claimed in claim 24, wherein: 

_ said means for generating second digital data words 
further includes means wherein each musical note 
of the primary octave has associated therewith a 
?rst primary frequency a predetermined percent 
age less than the frequency of the musical note and 
a second primary frequency said predetermined 
percentage greater than the frequency of the musi 
cal note. 

26. An apparatus for encoding musical signals as 
claimed in claim 24, wherein: _ 

said means for generating second digital data words 
further includes means wherein each musical note 
of the primary octave has associated therewith a 
?rst primary frequency a predetermined percent 
age less than the frequency of the musical note, a 
second primary frequency equal to the frequency 
of the musical note and a third primary frequency 
the predetermined frequency greater than the fre 
quency of the musical note. 

27. An apparatus for encoding musical signals as 
claimed in claim 15, wherein: 

said Fourier transform means includes means for 
generating second digital data words representing 
discrete Fourier transform coefficients at corre 
sponding sets of ‘frequencies wherein a primary 
octave has a predetermined number of primary 
frequencies disposed at equal percentage frequency 
intervals associated therewith. 

28. An apparatus for encoding musical signals as 
claimed in claim 15, further comprising: 
memory writing means connected to the Fourier 

transform means and connectable to a memory 
means for storing second digital data words re 
ceived from the Fourier transform means in a mem 
ory means. 

29. An apparatus for decoding digital data words 
representing musical signals comprising: 

receiving means for receiving ?rst digital data words 
representing complex number discrete Fourier 
transform coefficients for at least one set of fre 
quencies, said at least one set of frequencies includ 
ing a primary frequency and only frequencies oc 
tavely related thereto and excluding harmonics 

, which are not octavely related to said primary 
frequency; 
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inverse Fourier transform means connected to the 

receiving means for converting successive selected 
sets of said ?rst digital data words into correspond 
ing sets of second digital data words, each second 
digital data word representing the amplitude of an 
analog signal at a corresponding one of a plurality 
of sampling intervals; and 

digital to analog conversion means connected to the 
inverse Fourier transform means for converting the 
sets of second digital data words into a correspond 
ing analog signal. 

30. An apparatus for decoding digital data words 
representing musical signals as claimed in claim 29 fur 
ther comprising: 

polar to‘ rectangular conversion means connected 
between the receiving means and the inverse Fou 
rier transform means for converting each received 
?rst digital dataword from “polar form into rectan 
gular form wherein the complex number discrete 
Fourier transform coef?cient has a real part and an 

. > imaginary part. 

. 31.- An apparatus for I decoding digital data words 
repesenting signals as claimed in claim 30 further com 
prising: ~, ~ . 

antilogarithmic conversion means connected be 
tween the receiving meansand the polar to rectan 
gular conversion means for converting the magni 
tude part of each received ?rst digital data word 
into the antilogarithm thereof. ' 

32. An apparatus for digital data words representing 
musical signals as claimed in claim 30 further compris 
mg: _ 

?lter means connected between. the receiving means 
and the polar to rectangular conversion means for 
modifying the magnitude part of each received ?rst 
digital data word by a selected amount related to 
the corresponding frequency of the ?rst digital 
data word. - 

33. An apparatus for digital data words representing 
musical signals as claimed in claim 29, wherein: 

said inverse Fourier transform means includes means 
for generating second digital data words represent 
ing discrete Fourier transform coefficients at corre 
sponding sets‘ of frequencies wherein the primary 
frequency of each of the sets of frequencies corre 
sponds to a selected musical note. 

34. An apparatus for digital data words representing 
musical signals as claimed in claim 33, wherein: 

said means for generating second digitial data words 
further includes means wherein the at least one set 
of frequencies comprises twelve sets of frequencies 
and the primary frequency of each of the sets of 
frequencies corresponds to a different musical note 
of a primary octave. 

35. An apparatus for digital data words representing 
musical signals as claimed in claim 29, wherein: 

said inverse Fourier transform means includes means 
for generating second digital data words represent 
ing discrete Fourier transform coefficients at corre 
sponding sets of frequencies wherein the primary 
frequency of each of the sets of frequencies is 
within a predetermined frequency range of an asso 
ciated musical note. , 

36. An apparatus for digital data words representing 
musical‘ signals as claimed in claim 35, wherein: 

said means for generating second digital data words 
further includes meanswherein each musical note 




